import librosa
import IPython.display as ipd
import matplotlib.pyplot as plt
import numpy as np
from scipy.io.wavfile import read

# Load and play the audio file
audio_data = 'F:/speech.wav'
y, sr = librosa.load(audio_data, sr=22050)  # Default sample rate
y_resampled, sr_resampled = librosa.load(audio_data, sr=44100)  # Resampled at 44.1kHz

# Play the original audio
ipd.display(ipd.Audio(y, rate=sr))

# Play the resampled audio
ipd.display(ipd.Audio(y_resampled, rate=sr_resampled))

# Plotting the waveform of the original audio
time = np.arange(0, len(y)) / sr
plt.figure(figsize=(10, 4))
plt.plot(time, y)
plt.title("Waveform of Speech Signal (Original)")
plt.xlabel('Time (s)')
plt.ylabel('Amplitude')
plt.show()

# Reading and plotting first 1024 samples using scipy.io.wavfile
input_data = read("F:/speech.wav")
audio = input_data[1]
# Plot the first 1024 samples
plt.figure(figsize=(10, 4))
plt.plot(audio[0:1024])
plt.title("First 1024 Samples of the Speech Signal")
plt.xlabel("Sample Number")
plt.ylabel("Amplitude")
plt.show()

# Display the resampled audio array
print(f"Resampled audio: {y_resampled[:10]}")  # Display first 10 values as a sample